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This listing of claims will replace all prior versions, and listings, of claims in the above- 
identified application: 

Listing of the Claims 

7, (Withdrawn) An adaptive digital signal weighting system for use with a digitally 
represented difference signal representing the difference between two stereophonic audio signals, 
the system including a signal path for transmitting an electrical infatuation signal containing 
information relating to the difference signal of a predetermin^^nS^dth through said system at 
a predetermined sample rate so as to preserve the signal content of sai$j{gbrmation signal, said 
system further comprising: ^ ^ J <X 

a digital filter arrangement disposed in said signal path and constructed aftfafjauaflged so 
as to vary the gain impressed on the portion of saw ija^ormatibii signal within a first gSlect 
spectral region within said predetermined bandwidth b^a^pa^Sferi^ble gain factor, said first 
variable gain factor varying in response to and as a function <$&&^irst control signal; 

a first control signal generator Constructed and arranged sb 1 ^^ digitally generate said 
first control signal only in response to ai^^^^dance with the sign!? energy of said digitally 
represented difference signal within a second&elect" sffft^^ region including at least a part of 
said first select spectral region; ' 

a digital gain c^^ti^^isposed in said sighal path and coupled to said digital filter 
arrangement, and cdr&ti^ted antyjarranged so as to va^Klrie signal gain impressed on said 
information signal substanft^ly thl^^qut said predetermined bandwidth by a second variable 
gain factor, said second variabi&^tfn &$ffi$$$ig in response to and as a function of a second 
control^i^l^^^ 5N ^s, & 

;8tyiat?second contro* ^ifenal generator constructed and arranged so as to digitally generate said 
second cotf&^sjgnal in resp|fise to and as a function of the signal energy of said digitally 
represented dirfferi^e signal $&>5tantially within a third select spectral region within said 
predetermined bandU^tb; ^ 1 

wherein the digitaljlflter arrangement, first control signal generator, digital gain 
controller, and the second control signal generator each operate at a predetermined sample rate 
so as to preserve the signal content of the information signal, and the sampling rate is chosen so 
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as to be equal to an integer multiple of the frequency of a pilot tone that can be added to the 
difference signal to identify the encoded signal to a receiver. 

, 8. (Withdrawn) A digital system for encoding an electrical information signal of a 
predetermined bandwidth at a predetermined sample rate so as to preserve the signal content of 
said information and so that said information signal can be recorded on or transmitted through a 
channel with a frequency dependent dynamic range as an encoded difference signal representing 

r Jit,: j* t 

the difference between two stereophonic audio signals, the chann^fehavihg a narrower 
dynamically-limited portion in a first spectral region than in at^a^fe^ge other spectral region of 
said predetermined bandwidth, said system comprising; l \ ^v*:-, 

an input constructed and arranged so as to rec^iv^ said information sij^al; 
a signal transmission path, coupled to said input and constructed and arranged so to* transmit 
said information signal received at said input; 1 V-» , ' 

an output coupled to said input through said signltiii^Siriission path for providing said 
information signal as encoded by said system; '^fe:, 

a digital gain controller coupled%tS t aid signal path for varyfe&^signal gain impressed 
on said information signal substantially th^^i^^said predetermine^bandwidth, said signal 
gain varying in response to and as a function of a firsfe^%tprol signal; 

a digital filter arrangement, coupled to sai$ signal paflBOnd paid digital gain controller, 
and constructed and arifchg&i 'st* as to impress a sectygd variable gain on the portion of said 
information signal iu^^^allyvjWn said first spectrff region so as to preemphasize said 
portion with respect to the iidi^i^S^rtions of said information signal, said second variable 
gain varying response to and as $ functio^dfl^ 1 second control signal ; 

fufirst corll^if jstgnal generato^Sfcjnstructed and arranged so as to digitally generate said 
first* signal in resjxtase to and as a function of the signal energy of said information signal 

substantialf^iWthin a second^pectral region of said predetermined bandwidth; and 

a second c^^rpl signal j|enerator constructed and arranged so as to digitally generate said 
second control signai'Btoy: ljjjfesponse to and in accordance with the signal energy of said 
information signal within spectral region of said predetermined bandwidth including at 

least a part of said first spectral region; 
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wherein the digital gain controller, said digital filter arrangement, said first control signal 
generator and said second control signal generator each operate at a predetermined sample rate 
so as to preserve the signal content of said Information signal, and the sampling rate is chosen so 
as to be equal to an integer multiple of the frequency of a pilot tone that can be added to the 
encoded signal to identify the encoded signal to a receiver. 



9. (Withdrawn) An adaptive digital signal weighting system for use with a digitally 
represented difference signal representing the difference betweei^o stereophonic audio signals, 
the system comprising: t $ 

a signal path for transmitting an electrical information Ingnal of predetermined 
bandwidth through said system; % . . . 

a variable coefficient digital filter arrangemeht (a) constructed and arrangers© as to filter 
said information signal, the filter arrangement bein^jj^racteifeed by a variable coefficient 
transfer fraction, and (b) constructed and arranged so as\fejv$$& the^gain impressed on the 
portion of said information signal within a first select spectraTf^^on within said predetermined 
bandwidth by a first variable gain factc&*#ie variable coefficients olfjfeid variable coefficient 
transfer function and said first variable ga^fa^|j-v,arying in responsefto and as a function of a 

first control signal; \ ir&t&h.. 

x- t - »* ^ . Pa*' 

a first control signal generator constmctel^and arranged so as to digitally generate said 

first control signal o^^^^^^e to and in accordance with the signal energy of said 

information signd'WltB!^ secon&select spectral regi$# 'including at least a part of said first 

select spectral region; '"^y'^lj}^ 

a di^atzain controller Oit^osed in sai&'si'gnal path and coupled to said variable 

coeffici^t'dig^ and arranged so as to vary the signal gain 

impre^^^on said infordSittipn signal substantially throughout said predetermined bandwidth by 

a second vaft&la^ gain factofyj^aid second variable gain factor varying in response to and as a 



function of a secbni4 control sigpal; and 

a second contiro^ig^ : generator constructed and arranged so as to digitally generate said 
second control signal in r^onse to and as a function of the signal energy of said information 
signal substantially within a third select spectral region within said predetermined bandwidth; 
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wherein the digital, filter arrangement, first control signal generator, digital gain controller 
and second control signal generator each operate at a predetermined sample rate so as to preserve 
the signal content of said information signal, and the sampling rate is chosen so as to be equal to 
an integer multiple of the frequency of a pilot tone that can be added to the difference signal to 
identify the difference signal to a receiver. 



49. (Withdrawn) A system according to claim 7, wherein^the pilot frequency is 
substantially 15,734 Hz. i^^' 

50. (Withdrawn) A system according to claim 7, whferein DC 1 Signal energy is absent 
from the signal content of the information signal so as-tg^jrevent ticking. ; 

5 1 . (Withdrawn) A system according^o^l^m 8, wherein the pilot frequency is 
substantially 15,734 Hz. ' ^lfi T ^? f * TS ' 



52. (Withdrawn) A system a^jtfing to claim 8, whereftvDCLpignal energy is absent 
from the signal content of the information^iP^So as to prevent tickinjg. 

53. (Withdrawn) A system according Wclaim 9, wBerein the pilot frequency is 
substantially 15,734 H£ : / ' 



54, (Withdrawn) ^vsi^^ording to claim 9, wherein DC signal energy is absent 
from the signal content of the inrai^tfo^ as to prevent ticking. 



(WithdrliS^A digital implementation of an analog adaptive f digital] signal 
weighting s^am for use wi^a digitally represented difference signal representing the 
difference betwe^i%jyo stereoj^onic audio signals, the system including a signal path for 
transmitting an electrfM information signal containing information relating to the difference 
signal of a predetermined 1 *tiandwidth through said system, said analog adaptive [digital] 
weighting system being of the type including first analog control signal generator including a 
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first analog filter component and a second analog control signal generator including a second 
analog filter component, said digital implementation further comprising: 

a digital filter arrangement disposed in said signal path and constructed and arranged so 
as to vary the gain impressed on the portion of said information signal within a first select 
spectral region within said predetermined bandwidth by a first variable gain factor, said first 
variable gain factor varying in response to and as a function of a first control signal; 

a first digital control signal generator constructed and arranged so as to digitally generate 
said first control signal only in response to and in accordance witt&he signal energy of said 
digitally represented difference signal within a second select sjfecOTlit^gion including at least a 
part of said first select spectral region, said first digital controll&ignal g£tifcjator including a first 
digital filter component having an amplitude response.^ch that the differcntefee$ween the 
amplitude response of the first digital filter component and the amplitude response Jdfths first 
analog filter component is minimized irrespective oUtheir resji^tive phase responsesi 

a digital gain controller, disposed in said signal p^;^ coupled to said digital filter 
arrangement, and constructed and arranged so as to vary the srgnd gain impressed on said 
information signal substantially throu^y^said predetermined bariid^dth by a second variable 
gain factor, said second variable gain faciei^ response to ani as a function of a second 

control signal; i , , 

a second digital control signal generator crpiistructed arranged so as to digitally 
generate said second contiftfl : gjfl^i^l in response to arid as a function of the signal energy of said 
digitally represente^mlSerence signal substantially within a third select spectral region within 
said predetermined bandwid^sat&S^^ control signal generator including a second 

digital filter.component having ^Wplitude : reyj)onse such that the difference between the 
amplitj^ 'respon^^^ie second digifftj^lljpr component and the amplitude response of the 
secorf[&$^og filter coik^fe^ent is minimj&d irrespective of their respective phase responses; 
and ' 

wherein tk$$gital filt&rjarrangement, first control signal generator, digital gain 
controller, and the seiJtfcUcQptrol signal generator each operate at a predetermined sample rate 
so as to preserve the signal' content of the information signal. 
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56. (Withdrawn) A digital implementation according to claim 55, wherein said first 
digital filter component comprises a spectral bandpass filter. 

57. (Withdrawn) A digital implementation according to claim 55, wherein the first 
digital filter component comprises an IIR filler. 

58. (Withdrawn) A digital implementation according to cj^im 55, wherein the first 
digital filter component comprises a cascade of IIR filters. 

"!;" ^> 

59. (Withdrawn) A digital implementation according to claim!55, wherein said 
second digital filter component comprises an IIR filter*^ 

60. (Previously Amended) A system for geh&ating a broadcast television stereo signal 
from a left-channel signal and a right-channel signal, co^ifoisMg: K 

an analog-to-digital converter arrangement configured ^ as to convert the right-channel 
signal to a right digital signal and conv^itbe left-channel signal to d left .digital signal; 

a signal combiner arrangement coupled to the analog-to-digital converter arrangement 
and configured so as to generate a summation-signal comprising the sum of the right digital 
signal and the left digital signal, and generate a difference sip&¥ comprising the difference 
between the right digijtar sijgii ^and the left digital signal; 

a sum and dtt^^e signsj^generator arrangeni^lt configured so as to generate a first 
pre-emphasized digital sigro^atiiBi^^of the summation signal, and a second pre- 
emphasized digital signal as a function of tiitHSference signal; 

^a-signa] ff^lBprmation arrangl^|%fl kiionnootod and configured $0 as to transform the first 
pre^nip!ta^ized digital s^^al to a digital BTSC compliant L+R signal, and transform the second 
pre-emphas^j^igital signailj-tp a digital BTSC compliant L-R signal; 

a digital-ibfc&nalog converter arrangement conn e ct e d and configured to convert the digital 
BTSC compliant L+R v s^^^ an analog BTSC compliant L+R signal and the digital BTSC 
compliant L-R signal to a^analog BTSC compliant L-R signal; and 
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a composite signal generator arrangement configured so as to generate a composite signal 
as a function of the combination of the analog BTSC compliant L+R signal and a modulated 
version of the analog BTSC compliant L-R signal. 

61. (Previously Added) The system according to claim 60, wherein the sum and 
difference signal generator arrangement comprises a digital signal processor arrangement 
programmed to digitally add pre-emphasis to each of the summation and difference signals, 

62. (Previously Added) The system according to daip6^S)iiierein the signal 



transformation arrangement comprises an L-R data path and arfX+R datapath, each path having 
a preselected sample rate. . ft '7 r\. 

63. (Previously Amended) A method of jjert^^ng a Etepadcast television stereo signal 
from a left-channel signal and a right-channel signal, cona^trisiilg: w * 

converting the right-channel signal to a right digital sigfifei and converting the left-channel 
signal to a left digital signal; ^ilft,. 

generating a summation signal coi^nsm£?the sum of the rightfdigital signal and the left 
digital signal, and generating a difference sigtial com^l^bgthe difference between the right 
digital signal and the left digital signal; w i ! v *W 

generating a f^t^-^l^|iasized digital sigW as a function of the summation signal, and 
generating a secon^p^femphasii^d digital signal as a'ftinction of the difference signal; 

transforming the ^s^^^^hs^zed digital signal to a digital BTSC compliant L+R 
signal and tean^fonning the seco^^re-emptt'^ifeed digital signal to a digital BTSC compliant L- 

r signer J ^ ,u ^;i>! 

- "Ctaratmg the di^t^i BTSC compliant L+R signal to an analog BTSC compliant L+R 
signal, and o%jprting the <fi§j!fal BTSC compliant L-R signal to an analog BTSC compliant L-R 
s,gnal;and ^ ^ ft 

generating a c'oi^fjositp signal as a function of a combination of the analog BTSC 
compliant L+R signal and-^modulated version of the analog BTSC compliant L-R signal, 

64. (Previously Added) The method according to claim 63, further comprising: 
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generating a modulated version of the analog BTSC compliant L-R signal after 
converting the digital BTSC L-R signal to an analog BTSC compliant L-R signal. 

65. (Previously Added) The method according to claim 63, wherein the step of 
generating the first pre-emphasized digital signal and generating the second pre-emphasized 
digital signal comprises: 

using a programmed digital signal processor arrangement to digitally add pre-emphasis to 
each of the summation and difference signals. ^ 

66. (Previously Added) The method according to claini 63, whef&n the step of 
transforming the first pre-emphasized signal and ti^sj^rpiing the second pre^fcnphasized signal 
comprises: ; ' 

sampling the first pre-emphasized signal'St a first preselected sample rate, and' sampling 
the second pre-emphasized signal at a second preselected &n^fe rate. 

"'ft; 

67. (Previously Added) The method of generating a broadcast .television stereo signal 
from a left-channel signal and a right-chara^^^l 3 comprising: J 

converting the right-channel signal tofe righ(M^^ ^gnal; 
converting the left-channel signal to a left -digital signal? 

generating a siiih%ati'C9ti^^nal comprising the, sum of the right digital signal and the left 
digital signal; 

generating a differen^6;sign&^mprising the difference between the right digital signal 
and the left ^al signal; . ' 

.^roeratltf^'i^st prt-emphasiMiW^ital signal corresponding to the summation signal; 
■'^g^mting a secbn^re-emphasiKd digital signal corresponding to the difference signal; 

trans&fining the firs^§re-emphasized digital signal to a digital BTSC compliant L+R 
signal; % 

transforming th^.sepprid pre-emphasized digital signal to a digital BTSC compliant L-R 
signal; J *' 

converting the digital BTSC compliant L+R signal to an analog BTSC compliant L+R 

signal; 

Page 9 of 29 

PAGE 10130 * RCVD AT 4/10/2007 3:46:41 PM [Eastern Daylight Time] * SVR:USPTO-EFXRF-6/42 * DNIS:2738300 ' CSID:1 617 535 3800 * DURATION (mm-ss}:05-36 



04/10/2007 15:49 FAX 1 617 535 3800 HCDERMOTT , WILL&EMER Y - 



@J 01 1/030 



converting the digital BTSC compliant L-R signal to an analog BTSC compliant L-R 
signal; and 

generating a composite signal as a function of a combination of the analog BTSC 
compliant L+R signal with a modulated version of the analog BTSC compliant L-R signal. 

68. (Previously Added) The method according to claim 67, further comprising: 
generating a modulated version of the analog BTSC compliant L-R signal after 

converting the digital BTSC compliant L-R signal to an analog R^C compliant L-R signal. 

0' 'life. 

69. (Previously Added) A system for generating a broadcast teliSvfeion stereo signal from 



a left-channel signal and a right-channel signal, compiling: Nty> 

an analog-to-digital converter arrangement configured so as to convert the^tfehtTchannel 
signal to a right digital signal and convert the left-chaitael signal to a left digital signal; 

a signal combiner arrangement coupled to the arii^SgT^digkal converter arrangement 
and configured so as to generate a summation signal comprisir&the sum of the right digital 



signal and the left digital signal, and geu^r^te a difference signal cotapr^ing the difference 
between the right digital signal and the Iefttcli^^signal; 

a sum and difference signal generator'arrangeir^t configured so as to generate a first 
pre-emphasized digital signal as a function of the summation signal, and a second pre- 



cmphasized digital signal as ^{function of the difference signal; 

a signal translocation arrUhgement oonn e ct e d'fend configured so as to transform the first 
pre-emphasized digital sigriaf;jto aj^^taj, JEJTSC compliant L+R signal, and transform the second 
prc^mphasiz^d digital signal to i^igital S^^bmpliant L-R signal; 

^^mpo^^^al generator kn^^gment configured so as to generate a digital 
com^da^^ignal as a mnii^n of the conffiination of the digital BTSC compliant L+R signal and 
a modulated%t^ion of the <3}||}Jal BTSC compliant L-R signal; and 

a digital-tiSf^alog con^rter arrangement conn e ct e d and configured to convert the digital 
composite signal to atfa&alo^&omposite signal. 
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70. (Previously Added) The system according to claim 69, wherein ihe sum and 
difference signal generator arrangement comprises a digital signal processor arrangement 
programmed to digitally add pre-emphasis to each of the summation and difference signals. 

71. (Previously Added) The system according to claim 69, wherein the signal 
transformation arrangement comprises an L-R data path and an L+R data path, each path having 
a preselected sample rate. 

72. (Previously Added) A method of generating a brQf^caSt^levision stereo signal from 
a left-channel signal and a right-channel signal, comprising: " , 

converting the right-channel signal to a right ^jkgjtal signal and convert^® the lefl-channel 
signal to a left digital signal; J. 

generating a summation signal comprising ifi^^um of the right digital signal and the left 
digital signal, and generating a difference signal compri^E^^fie difference between the right 
digital signal and the left digital signal; tyfa 

generating a first pre-emphasi2feil-^gital signal as a fimctic&?b£*he summation signal, and 
generating a second pre-emphasized digit&Jsi$a^as a function of the difference signal; 

transforming the first pre-emphasizerf^igitafeg&L to a digital BTSC compliant L+R 
signal and transforming the second pre-emphasiz^l digital $i%im to a digital BTSC compliant L- 
R signal; \ 



generating a digi^compeipte signal as a functiiSi of a combination of the digital BTSC 



compliant L+R signal and d*%^S^^ of the digital BTSC compliant L-R signal; and 

cony^ing the digital (xMj^jte sign^I^an analog composite signal. 

.:« th "^ 
** H 73;, (Previously rafted) The mctttod according to claim 72, further comprising: 

genefcfijftifjg a modulafejfr version of the digital BTSC compliant L-R signal before 

converting the di'g-ii^ composite sig-R*4- sifflal t o an analog composite signal. 

74. (Previously Allied) The method according to claim 72, wherein generating the first 
pre-emphasized digital signal and generating the second pre-emphasized digital signal 
comprises: 
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using a programmed digital signal processor arrangement to digitally add pre-emphasis to 
each of the summation and difference signals. 

75. (Previously Added) The method according to claim 72, wherein transforming the 
first pre-emphasized digital signal and transforming the second pre-emphasized digital signal 
comprises: 

sampling the first pre-emphasized digital signal at a first preselected sample rate, and 
sampling the second pre-empha$ized digital signal at a second presfelected sample rate. 

76. (Previously Added) The method of generating a bn&dcast tSfevision stereo signal 
from a left-channel signal and a right-channel signal, comprising: ' \u;,. 

converting the right-channel signal to a rig^digital signal; , ■ 

converting the left-channel signal to a left^dij^al signal^, i 
generating a summation signal comprising the sulii|&i[8tie right digital signal and the left 
digital signal; ,,:i tr^. 

generating a difference signal cbtagrising the difference be^W^nJhe right digital signal 

(it p f 

and the left digital signal; u. ^h^ ft 

generating a first pre-emphasized digital sigi^-CQj^sponding to the summation signal; 
generating a second pre-emphasized dig/ttffsignal corresponding to the difference signal; 



transforming ^'fir^rg^^mphasized digitalteignal to a digital BTSC compliant L+R 

transforming the secSiMpje^p^hasized digital signal to a digital BTSC compliant I^R 

: ^eratin£as$^tal composite sifenalas a function of a combination of the digital BTSC 
comp^fatliti+R signal vWdi^ modulated version of the digital BTSC compliant L-R signal; and 
conVt^jng the digitdlpomposite signal to an analog composite signal. 



77. (Previousiy^ded) The method according to claim 76, further comprising: 



generating a modulated version of the digital BTSC compliant L-R signal before 
generating the digital composite signal. 
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78. (Previously Amended) A digital signal processor arrangement for use in generating a 
broadcast television stereo signal from a left-channel signal and a right-channel signal, 
comprising: 

a signal generator arrangement configured so as to generate a digital summation signal as 
a function of the sum of the left-channel and right-channel signals, and a digital difference signal 
as a function of the difference between the left-channel and right-channel signals; 

a summation signal aigaal-processing arrangement including k a filter arrangement 
configured to filter the digital summation signal so as to produce^iconclitioned digital 
summation signal; & \t 

a difference signal processing arrangement including aft-e-emphaisis filter arrangement 
and a signal compressor arrangement, the filter and signal compressor arran^ii^^ts being 
configured so as to condition and compress the digital difference signal so as to pitfdjacg'a 
conditioned digital difference signal; < . * 

a digital-to-analog converter arrangement for cohfii^ri^ the* conditioned digital 
summation signal to an analog sum signal, and the condition^&igital difference signal to an 
analog difference signal; and T ^ s . '^f'w 

a signal combiner arrangement corifigured*so as to combine thg analog sum signal with a 
modulated version of the analog difference si^al. .^^v . 

79. <?reviousl^irfi^s^ An arrangement accordance with claim 78, wherein the 
filter arrangement df^J&i^matS^ signal processing arrangement is configured so as to filter 
the digital summation signal 1 ^thia j^i^pre-emphasis so as to produce a conditioned digital 
summation si^jjal. ^'"'i- , " 1 ' 

*> ,Jl< Kj)% (Previously Xihended) A digital signal processor arrangement for use in generating a 
broadcast t$i|g}gion stereo s^ftal from a left-channel signal and a right-channel signal, 
comprising: 

a signal generOTjfesux^gement configured so as to generate a digital summation signal as 
a function of the sum of the left-channel and right-channel signals, and a digital difference signal 
as a function of the difference between the left-channel and right-channel signals; 
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a summation signal processing arrangement including a filter arrangement configured to 
filter the digital summation signal so as to produce a conditioned digital summation signal; 

a difference signal processing arrangement including a pre-emphasis filter arrangement 
and a signal compressor arrangement, the filter and compressor arrangements being configured 
so as to condition and compress the digital difference signal so as to produce a conditioned 
digital difference signal; 

a signal combiner arrangement configured so as to combine the conditioned digital 
summation signal with a modulated version of the conditioned digifel difference signal so as to 
generate a composite modulated signal; and f iff* 

a digital-to-analog converter arrangement for converting, the composite modulated signal 



to an analog output signal. .<).,. 

{■■ft 4 ... 

81 , (Previously Amended) An arrangement iii accordahce with claim 80, wherein the 

filter arrangement of the summation signal processing arfa^dmentHs configured so as to filter 
the digital summation signal with a 75\xs pre-emphasis so as lo^r^duce a conditioned digital 
summation signal. ^Kfe«f» 

82. (Previously Added) A method 1 of dig|4lfy Encoding left and right channel audio 
signals in accordance with the BTSC standard, comprising: 

providing digit^teS^djdigital right channelaudio signals; 

combining the^%ital left fed digital right audio signals to form a digital sum 

signal and a digital differeri^^i^^ 



encqjj^the digital sumWj^nal anclmS^ai'gital difference signal according to the BTSC 
standar<I^'a]s t6 ^i^qe a digital BT%£stenal. 

83?^iaviously Ad^irj) A method of digitally encoding left and right channel audio 

/yj; 5li %n 

signals according 'tq, claim 82, wherein providing digital left and digital right channel audio 
signals includes receiV^^an^bg left and right channel audio signals and digitizing the analog 
left and right channel audftr signals so as to produce the digital left and right channel audio 
signals. 
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84. (Previously Added) A method of digitally encoding left and right channel audio 
signals according to claim 82, wherein encoding the digital sum signal and the digital difference 
signal according to the BTSC standard includes encoding the digital sum channel with an applied 
75jis preemphasis. 

85. (Previously Added) A method of digitally encoding left and right channel audio 
signals according to claim 82, wherein encoding the digital sum signal and the digital difference 
signal according to the BTSC standard includes encoding the digitjafd^erence signal with an 
adaptive signal weighting system. 0 

86. (Previously Added) A digital signal processor for producing a signal encoded 
according to the BTSC standard, said digital signal processor comprising: " 

i 

A) an input section constructed and arranged so as to ( 1) receive digital left and 
digital right audio signals and (2) combine the digital left digital right audio signals so as to 
form a digital sum signal and a digital difference signal; * ^fyfov 

B) a difference channel prdb^asipg section constructed' '^^rranged so as to encode 
the digital difference signal according to t&e l^TSC standard; and <>'' 

C) a sum channel processing section constructed and arranged so as to condition the 
digital sum signal according to the BTSC standard 

87. (Previoftf^^lded) /%ystem for producing digital composite modulated BTSC 
signal comprising a diiataJl'T^teCiifebecwIier, arranged to generate a BTSC encoded signal, and a 



digital composite modulato r aiTariged to ecnfefetlfe'the digital composite modulated BTSC signal 



ompo 

fflJr ,|,lii 



respon^jyelv to'soroS^a function of thkjBTSC encoded signal . 

68, '{Previously Addistto A method of generating a digital composite modulated BTSC 
signal^ comprising!!**, njjs 

generating diglt^j^jjand digital right channel audio signals, 

combining said distal left and digital right channel audio signals so as to form a digital 
sum signal and a digital difference signal, 
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encoding the digital sum signal and digital difference signal according to the BTSC 
standard so as to produce a digital BTSC signal, and 

modulating the digital BTSC signal so as to produce a digital composite modulated 
BTSC signal. 

89. (Previously Added) A circuit for encoding digital left and digital right audio signals 
according to the BTSC standard, comprising: 

a digital matrix unit configured to generate a digital sum^J^hnel % signal and a digital 
difference channel signal; Ji 1 '"'I'.*, 

a sum channel processing unit; and 

a difference channel processing unit; s - . • . 

wherein said sum channel processing unit ^configured to produce a condrtipn^d digital 
sum channel signal in response to the digital sum' c&a^el sigrl^l, and the difference channel 
processing unit is configured to produce an encoded digi^^^ererfee channel signal in response 
to the digital difference channel signal. " 

"V;." 

90. (Previously Added) A circuit for&kojtog digital left and digital right audio signals 
according to claim 89, wherein the digital matrix unijil%^fference channel processing unit, 
and the sum channel processing unit are included- ob a single Wegrated circuit. 

91. (PreviotisT^Sfedded) Aijjfttrcuit for encoding digital left and digital right audio signals 
according to claim 89, whetfeift the^fcgitai, matrix unit, the difference channel processing unit, 
and the sum channel processing toUtare implemented by a digital signal processor, 

■ ' '^^j^reviouslyT^toed) A circuit for producing a digital composite modulated BTSC 
signal, com$$i§ing a matrix t^t configured to produce a digital sum signal and a digital 
difference signal^klieital sum* r %hannel processing unit configured to produce a conditioned 
digital sum signal in reS^pnseltb the digital sum signal, and a digital difference channel 
processing unit conditioned' to produce an encoded digital difference signal in response to the 
digital difference signal, and a digital modulator unit configured to produce a composite 
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modulated signal in response to the encoded digital difference signal and the conditioned digital 
sum signal. 

93. (Previously Added) A circuit for producing a digital composite modulated BTSC 
signal according to claim 92, wherein the digital modulator unit is configured to modulate the 
encoded digital difference signal at a frequency substantially equal to 31,468 Hz. 

94. (Withdrawn) A method of providing filter coefficient^b'a digital adaptive signal 
weighting system responsive in accordance with the BTSC stanHar%^ompri$ing: 

calculating and electronically storing said filter coefficients, arjfe'^ 
retrieving the filter coefficients for use in calculating the filter resporis%f said digital 
adaptive signal weighting system, .■<$' ' , ti 

95. (Withdrawn) The method of providing fdter^f&cierits according to Claim 94, 
further including using said filter coefficients to set the filter 'Si^acteristics of a variable 
emphasis unit of the digital adaptive signal weighting system. . 

96. (Withdrawn) The method of providing f|jle^fe^fficients according to Claim 95, 
further including retrieving said filter coefficientsijfor use according to the logarithm of the 
output signal of the djg$af 'MlWe weighting systcfti. 

<\ . H, V 

97. (Withdrawn) Trfemetrl8d;pf .providing inverse square root values for use in a digital 
adaptive sig^ weighting systerrl^pjonsive irr-accordance with the BTSC standard, comprising 
calculajpg antfeflec^ically storing '^inverse square root values, and retrieving the inverse' 
squafe^galues and Ufa .the square B#6t values to set the gain of a wideband gain control unit 
of the digit^^aptive signalfeighing system. 

98. (Withdrawn^hA^hod of setting the gain of a wideband compression unit in a 
digital adaptive signal weighting system responsive in accordance with the BTSC standard, 
comprising: 
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calculating and electronically storing values representative of one of an input signal and 
an output signal, and 

selecting and retrieving a particular stored value as a function of the value of an input 
signal where stored values represent an output signal, and as a function of the value of an output 
signal where stored values represent an input signal. 

99. (Withdrawn) A digital filter disposed in the sum channel signal path of an adaptive 
signal weighting system according to the BTSC standard, said fllt^^Siaving a passband that 
includes a substantial portion of the frequency range from 50^ l tb^&kHz, and having a null or 
notch characteristic configured to pass relatively little signal erfefjgy at 1^34 kHz compared to 
nearby frequencies. ^ n 

100. (Withdrawn) A digital filter disposed m the sum cjiannel path of an adaptive signal 
weighting system according to claim 99, wherein said fifteifj is in the form of a lowpass filter with 
a passband that includes a substantial portion of the frequencyiiftnge from DC to 1 5 kHz. 

101. (Withdrawn) A digital adaptrtg' si^ial^yveighting system which accepts one or more 
digital input signals and modifies their electrical ch^ic^fistics according to the BTSC standard 
to produce one or more digital output signals. ,lt J$ 



102. (Withfl'raUi^ A digits^; adaptive signal westing system according to Claim 101, 
wherein the input signal is a^&mpti&iUersignal comprising one or more digital audio signals. 

^^(^^^Sfj^n) A digital ^^esignal weighting system according to Claim 101, 
whertSli^ output signSlfiSja composite signal comprising one or more digital audio signals. 



104. (Previously Addqti) A digital signal processor comprising: 

(a) an input sd&tton configured to receive one or more digital signals and derive 
therefrom a digital sum signal and a digital difference signal; 

(b) a digital difference channel section comprising (i) an adaptive signal weighting 
system configured to dynamically vary the amplitude and phase of the digital difference signal, 
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and (ii) a frequency shifting system configured to alter the frequency of the digital difference 
signal according to the BTSC standard to produce a modified digital difference signal; 

(c) a digital sum channel section comprising one or more digital filters for altering the 
amplitude and phase of the digital sum signal according to the BTSC standard so as to produce a 
modified digital sum signal, and 

(d) an output section configured to combine the modified digital difference signal and 
modified digital sum signal and subsequently form one or more digital output signals 

105. (Previously Added) A digital signal processor aj^rdfilg.to Claim 1 04, wherein 
said frequency shifting system is configured to alter the frequency of t&igital difference signal 
by substantially 3 1 .468 kHz. . . , » . 

1 06. (Previously Added) A digital signaf priitfesgor co'fl^>rising 

(a) an input section configured to receive one orftii^ftgifcl signals and derive therefrom 
a digital sum signal and digital difference signal; ' 'llh- 

(b) a digital difference channef^^n comprising (i) an alli^^ signal weighting 
system configured to dynamically vary th^^&ttde and phase of theiaigital difference signal, 
and (ii) a multiplier system configured to alter: the fi^^y of the digital difference signal 
according to the BTSC standard to produce a mdoffied digita^Sfference signal; 

(c) a digital sum^Efiafini^ection comprising%ie or more digital filters for altering the 
frequency and phas£ 'of 'skid digital sum signal according to the BTSC standard to produce a 
modified digital sum signal^d^'' '.'^:., ^ 

AW* S6Cti0n te ' t *!>|p^"^'™ odi fi«i digital difference signal and modified 
digital sum sigrian&l^rin one or more^Sigital output signals. 

"X ■ r 

107. v t£jseviously Actdtjd) A method of generating digital audio signals according to the 
BTSC standard c^^rising: % 

a) accepting oii^rmflre digital input signals, 

b) performing a frequency translation of the digital input signals to form digital audio 
signals, and 
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c) modifying the amplitude and phase of the digital audio signals according to the BTSC 
standard so as to create one or more corresponding digital audio output signals according to such 
standard . 

108. (Previously Added) A method of generating digital audio signals according to 
Claim 107, wherein performing the frequency translation of the digital input signals includes 
performing the frequency translation by substantially 3 1.468 kHz. 

109. (Previously Added) A digital signal processor cqfepri^^ 

a) an input section configured to receive one or more digital inpm^&ignals; 

b) a sum-channel processing section for creating and conditioning a Shtoyjphannel signal 

, ( jit ** ' 

according to the BTSC standard from the digital ipput signals; r ' 

c) a difference-channel processing sectictri^ot^Mting knd filtering a difference-channel 
signal according to the BTSC standard from said digital lnput-signals; and 

d) a combining section for transforming the sum-charif&fesignal and the difference- 
channel signal into one or more output'SSgnals according to the B¥sfc;j$andard 

110. (Previously Added) A method ^gene^K^Jpne or more digital output signals 
according to the BTSC standard , comprising: ^il' r ' 

combining oncg[c^^t^^8|ftigital input s ignals;% 

filtering th e ^&fr a n e d diffifel input signals a digital st&nal including sum-channel 
information so as to create ^fa^ taUtonrchannel signal according to the BTSC standard, 
com | ^ ^ ne - on e or more oigiEflj input signals; 

j $foering ^^jj^tal signal inckid^difference-channel information t h e combin e d digital 
input^i^ j^-$o a$ to crMt^a difference-channel signal according to the BTSC standard; and 

comiijJ^g; the sum-ci^rinel signal and the difference-channel signal so as to form one or 
more digital outpii^^nals according to the BTSC standard. 

111. (Previously Added) A digital adaptive signal weighting system for use with a digital 
difference signal representing the difference between two stereophonic audio signals, 
comprising: 
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a first digital filter section configured to alter the gain and phase of the digital difference 
signal within a first select spectral region according to the BTSC standard; and 

a second digital filter section configured to further alter the gain and phase of the digital 
difference signal within a second select spectral region including at least a part of the first select 
spectral region according to the BTSC standard. 

1 12. (Previously Added) A system for generating a broadcast television stereo signal 
from a left-channel signal and a right-channel signal, comprising-/ 1 ' 

a signal combiner arrangement configured so as to generate' a summation signal 
comprising the sum of a right digital signal and a left digital signal, and^nerate a difference 
signal comprising the difference between the right digital signal and the Ieflt^l'gjLt?tl signal; 

a sum and difference signal generator arrangement configured so as to genfc^$? a first 
pre-emphasized digital signal as a function of th^'suxi^yation s^nal, and a second pr^- 
emphasized digital signal as a function of the difference &i^gttfl#f 

a signal transformation arrangement oonnootod and cori^giired so as to transform the first 
pre-emphasized digital signal to a digitsfyBTSC compliant L+R si^ffll^and transform the second 
pre-emphasized digital signal to a digital BTO&ji^pHant L-R signal^and 

a composite signal generator arrangement c<^§Bred so as to generate a digital 
composite signal as a ftinction of the combmatiot^f the chgiM &TSC compliant L+R signal and 
a modulated version ^liHe dig$?tl BTSC compliant IfcR signal. 

1 13. (Previously Ad^^flStethod of generating a broadcast television stereo signal 
from a left-p||p||pel signal and a ! tfiht-chaime1f^gnal, comprising: 

^nerating l at^|nmation signal' bbm^rising the sum of a right digital signal and a left 
digi*#S^, and general^ a differenc^ignal comprising the difference between the right 
digital sigri^tod the left di^itbj signal; 

generatin^jftrst pie-dlflphasized digital signal as a function of the summation signal, and 
generating a second p5?^et|j|5i!^sized digital signal as a function of the difference signal; 

transforming the ftf&t pre-emphasized digital signal to a digital BTSC compliant L+R 
signal and transforming the second pre-emphasized digital signal to a digital BTSC compliant L- 
R signal; 
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generating a digital composite signal as a function of a combination of the digital BTSC 
compliant L+R signal and a modulated version of the digital BTSC compliant L-R signal. 

1 14. (New) A system for generating a broadcast television stereo signal from a left- 
channel signal and a right channel signal, comprising; 

(a) circuitry that generates a summation signal comprising the sum of the right digital 
signal and the left digital signal, and a difference signal comprising the difference between the 
right digital signal and the left digital signal; , ' ,l - 

(b) preemphasis circuitry that generates a first digitaU^^^mphasized signal 
corresponding to the summation signal, and a second digitally ^e-emphsj$i$ed signal 
corresponding to the difference signal; and ,A 

(c) transforming circuitry that transforms th^ first pre-emphasized signal to^^gital 
BTSC L+R signal and that transforms the pre-emphbsused second signal to a digital BTSC L-R 



signal. 




v 
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